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METHOD AND DEVICE FOR SYNCHRONIZING MOBILE RADIO 
RECEIVERS IN A MOBILE RADIO SYSTEM 

Cross-Ref erence to Related Application : 

This application is a continuation of copending International 
Application No. PCT/DE00/02272 , filed July 12, 2000, which 
designated the United States. 

Background of the Invention : 
Field of the Invention : 
The invention lies in the communications technology field and 
relates, more specifically, to a method for synchronizing 
mobile radio receivers in a mobile radio system and to a 
device for synchronizing mobile radio receivers in a mobile 
radio system. 

In mobile radio systems, a mobile radio receiver who wishes to 
"sign on" to the mobile radio system must be synchronized. 
Synchronization here comprises the acquisition of a 
synchronization signal and then the tracking of the signal, 
and of possible further signals of a link. 

In mobile radio systems operating according to the GSM (Global 
System for Mobile Communications) standard, a so-called 
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broadcast control channel (BCCH) is used for the acquisition 
process. The broadcast control cannel (BCCH) transmits signals 
unidirectionally from each base station to mobile radio 
receivers. Important information for a mobile radio receiver, 

5 for example information relating to the power control, the 

minimum reception field strength and the frequency position of 
the BCCH, is broadcast in a broadcast control channel. In 
addition, a frequency control channel (FCCH) for frequency 

p correction, which has a frequency correction burst, and a 
l*p synchronization channel (SCH) for performing synchronization 

y are transmitted in the BCCH. The SCH thereby has a so-called 

^ synchronization burst which allows the mobile radio receiver 
to be synchronized. 

Q 

iM When a GSM mobile radio receiver is switched on, all the 

possible carrier frequencies are searched for the BCCH. Then, 
the frequency correction burst is used to select a suitable 
frequency and the synchronization burst is evaluated in order 
to set a correct time reference. 

20 

Mobile radio systems that are based on the code division 
multiple access method (CDMA) , such as the UMTS (Universal 
Mobile Telecommunication System) , have a primary 
synchronization channel (PSCH) which, like the BCCH in the 
25 case of the GSM systems, is transmitted unidirectionally from 
each base station to mobile radio receivers. The frequency of 
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the PSCH is the same for all the base stations of the mobile 
radio system. When a mobile radio receiver is switched on, it 
firstly searches for the PSCH in order to carry out 
synchronization of time and frequency. In the process, an 
5 initially excessively coarse setting of the frequency of the 
PSCH in the mobile radio receiver is later fine-tuned by means 
of appropriate algorithms for frequency correction. 

D A signal s(t), which is transmitted over the PSCH by a base 
Ip: station, has the following form: 

L = X °n ■ S(t - n ■ T c ) • exp(y ■ a) 0 • 0 = c(t - T d ) • exp(j • © 0 • t) 

where g(t) is a pulse shape function (for example the square 
D wave signal) , T c is the period of a chip, c n are the chips of 
15 the PSCH and co 0 = 27tf 0 is the carrier frequency of the PSCH. 
The term T d represents a delay time which is unknown to the 
receiver and which results, inter alia, from the propagation 
time from the base station to a mobile radio receiver. 

2 0 The chips c n are usually encoded in binary fashion by the 
values +1 and -1 in band- spreading technology: 

c n =2-b n -\ 
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wherein b n represents a series of 1/0 bits. Other chip 
alphabets, derived for example from BTQ transformation, are 
perfectly possible. 

5 A total of 256 binary chips c n are transmitted with the PSCH. 
The chips are thereby known to each mobile radio receiver and 
to each base station and they constitute a uniquely defined 
sequence of bits for identifying the PSCH. 

Q 

l£ During the transmission over the PSCH, the signal s(t) is 
j£ distorted by noise and interference. These occur, for example, 
5 as a result of a secondary synchronization channel (SSCH) and 
H other adjacent channels. 

Q 

lfU A demodulated receive signal r(t), on which the transmit 

signal s(t) is based, then has, in a mobile radio receiver, 
the following form: 

r(0 = c(t-T d )- exp(y • Aco -t + (p) + n(t) 

20 

The function n(t) represents the faults which occur owing to 
noise and interference. The frequency Aco is the deviation in 
the mobile radio receiver from the transmit signal frequency 
C0 0 . The following applies for the frequency Cfl d used for 
25 demodulation: co d = eo 0 + Aco. 
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The correct detection of the chips from the receive signal 
r(t), i.e. the synchronization and the precise setting of the 
demodulation frequency co d to the transmit signal frequency G) 0 
in order to correctly synchronize the mobile radio receiver, 
is problematic. To be precise, the unknown delay time T d and a 
demodulation frequency CDa which is approximated as well as 
possible to the transmit signal frequency co 0 are necessary for 
the detection. 

Summary of the Invention : 

It is accordingly an object of the invention to provide a method 
and a device for synchronizing mobile radio receivers in a 
mobile radio system, which overcomes the above-mentioned 
disadvantages of the heretofore-known devices and methods of this 
general type and which is based on the code division multiplex 
method CDMA. 

With the foregoing and other objects in view there is provided, in 
accordance with the invention, a method of synchronizing mobile 
radio receivers in a mobile radio system, wherein a first 
synchronization channel with a first frequency is provided for 
transmitting a signal with a code that is known to the mobile 
radio receivers and to base stations of the mobile radio 
system, and wherein a transmission from a base station to a 
mobile radio receiver delays the signal by an unknown time 
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period and the first frequency is shifted by the transmission 
to a second frequency. The method comprises the following 
steps : 

a) splitting a received signal into a real part signal and an 
imaginary part signal ; 

b) sampling the real part signal and the imaginary part signal 
to form sampled signals; 

c) digitally filtering each sampled signal to correlate the 
sampled signal to the known code and to form filtered signals; 

d) squaring each filtered signal to form squared signals ; 

e) determining a maximum signal level from the squared 
signals ; 

f) estimating the unknown time period with the maximum signal 
level determined in the determining step; 

g) despreading the received signal with the known code and 
taking into account the time period estimated in the 
estimating step; and 

h) fine-tuning the second frequency to the first frequency. 
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In other words, the objects are achieved according to the 
invention by means of a method for synchronizing mobile radio 
receivers in a mobile radio system, a first synchronization 
channel being provided, which has a first frequency and via 
which a code which is known to all the mobile radio receivers 
and to all the base stations of the mobile radio system is 
transmitted by means of a signal, the transmission from a base 
station to a mobile radio receiver delaying the signal by an 
unknown time period and the first frequency being displaced by 
the transmission to a second frequency. The method steps 
include splitting of the received signal into real and 
imaginary signal elements, sampling of each signal by 
splitting, digital filtering of each sampled signal in order 
to correlate it to the known code, squaring of each filtered 
signal, determination of the maximum signal level from both 
squared signals, estimation of the unknown time period with 
the maximum signal level, despreading of the received signal 
with the known code taking into account the estimated time 
period, and fine-tuning the second frequency to the first 
frequency. 

This method can advantageously be used both for the 
acquisition and the tracking and it expands the methods known 
from GSM systems. In particular, this method can be applied in 
multimode mobile radio receivers, that is to say mobile radio 
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receivers which can be used in mobile radio systems which are 
based on different standards, for example GSM and UMTS. 

Preferably, in c) sampled values of each signal are delayed by 
the digital filtering by up to (2K+1) clock cycles. Given a 
long delay of the sampled values, the unknown time period by 
which a signal which is to be transmitted is delayed during 
the transmission from the base station to the mobile radio 
receiver can advantageously be estimated very precisely. Here, 
the longest delay should lie in the region of the longest 
possible delay of a transmission signal. In particular, the 
differently delayed sampled values are multiplied by 2 (K+l) 
coefficients and summed. The 2 (K+l) coefficients have here 
preferably (K+l) pairs of identical coefficients. 

In one preferred embodiment, the code which is transmitted 
with the signal has a sequence of 256 chips, the 256 chips 
uniquely characterizing the first synchronization channel. The 
received signal is sampled here in particular with a sampling 
rate wherein two sampled values are taken per chip of the 
code . 

With the above and other objects in view there is also 
provided, in accordance with the invention, a device for 
synchronizing mobile radio receivers in a mobile radio system 
having a first synchronization channel for transmitting a 
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signal with a code that is known to all the mobile radio 
receivers and to all base stations of the mobile radio system, 
comprising: 

input signal processing units in a mobile radio receiver for 
processing a received signal including a real part signal and 
an imaginary part signal; 

said input signal processing units generating sampled values ; 

a plurality of delay circuits connected in series with said 
input signal processing units for receiving an input signal 
and outputting an output signal, said delay circuits receiving 
the sampled values and correlating the real part signal and 
the imaginary part signal with the known code; 

multipliers connected to receive the input signal and the 
output signal of each delay circuit and multiplying a supplied 
signal with a coefficient ; 

first adders connected to receive an output signal from each 
said multiplier and each outputting a summed signal; 

squaring elements each having an input connected to receive 
the summed signal from a respective said first adder and 
outputting a squared signal; and 

a second adder connected to receive the squared signals from 
said squaring elements. 
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In other words, the invention also relates to a device for 
synchronizing mobile radio receivers in a mobile radio system 
wherein a first synchronization channel is provided, via which 
5 a code which is known to all the mobile radio receivers and to 
all the base stations of the mobile radio system is 
transmitted by means of a signal, input signal processing 
units for the real part and imaginary part of a received 
q signal being provided in the mobile radio receiver, said real 
Ijt and imaginary parts being supplied with real and imaginary 
p signal elements and generating sampled values which are fed to 
delay circuits which are each connected in series, for 
correlation of the real and imaginary signal elements with the 
U known code, the input signal and the output signal of each 
lpg delay circuit being fed in each case to a multiplier which 

multiplies a signal fed to it by a coefficient, and the output 
signals of the multipliers being fed to first adders, 
downstream of which squaring elements are connected, and 
output signals of the squaring elements being fed to a second 
20 adder. 

Input signal processing preferably comprises an analog low- 
pass filter, downstream of which a sampler and a memory for 
storing the sampled values are connected. 
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A number (K+l) different coefficients are preferably provided. 
In particular, 2 (K+l) multipliers are provided, two 
multipliers multiplying in each case signals fed to them by 
one of the (K+l) different coefficients. In each case two 
5 multipliers thereby multiply, in particular, the input signal 
or the output signal of one of the delay circuits with one of 
the (K+l) different coefficients. 

p Other features which are considered as characteristic for the 
Lp invention are set forth in the appended claims. 

^ Although the invention is illustrated and described herein as 
embodied in a method and device for synchronizing mobile radio 

* m receivers in a mobile radio system, it is nevertheless not 
ll5j intended to be limited to the details shown, since various 
modifications and structural changes may be made therein 
without departing from the spirit of the invention and within 
the scope and range of equivalents of the claims. 

20 The construction and method of operation of the invention, 
however, together with additional objects and advantages 
thereof will be best understood from the following description 
of specific embodiments when read in connection with the 
accompanying drawing. 

25 
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Brief Description of the Drawing : 

The figure is a schematic block diagram of an exemplary 
embodiment of a device for carrying out the method according 
to the invention. 

Description of the Preferred Embodiments : 

Referring now to the sole figure of the drawing in detail, the 
device illustrated therein represents an incoherent, digital 
filter for determining the delay T d which is unknown due to the 
transmission. The incoherent filter has the following transfer 
function: 

h(t) = c*(K-T c - t) , where 0 < t < K-T c ). 

K corresponds here to the number of coefficients which are 
used in the digital filter for filtering. 

In order to determine the delay T d , the complex, received 
signal in the mobile radio receiver is first split into a real 
part 1 and an imaginary part 2 . The real part 1 and the 
imaginary part 2 are then processed in parallel by respective 
identical input signal processors. 

The real part 1 and the imaginary part 2 are each fed to an 
analog low-pass filter 4 and 5, respectively. 
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Connected downstream of the low-pass filter 4 and 5, 
respectively, is, in each case, a sampler 6 and 7, 
respectively, which samples the output signal of the low-pass 
filter 4 and 5, respectively, with a sampling rate T s . Here, T c 
= 2-T s is selected as the sampling rate, i.e. two sampled 
values are taken per period of a chip of the receive signal. 
Each chip is thus wherein by two sampled values. For more 
precise results of the method to be carried out, more than two 
sampled values can be taken per chip, but the subsequent 
expenditure on processing the sampled values then increases. 
In each case a memory 8 and 9, respectively, is arranged 
downstream of the samplers 6 and 7. 

The low-pass-filtered and sampled real part and imaginary part 
are designated below respectively by Re k and Im k . The index k 
thereby designates a sampled value. 

Each sampled value is then delayed by up to (2K+1) clock 
cycles and multiplied by each of the K coefficients of the 
filter. The results of the multiplications are then summed, 
squared and fed to an estimation circuit which detects the 
strongest output signal. The strongest output signal is then 
fed to a frequency fine-tuner which fine-tunes the frequency 
used for demodulation to the transmit signal frequency. 
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The sampled values Re k and Im k are then fed to a delay circuit 
which has a multiplicity of delay elements 80, 81, 82, 83 to 
84 and 90, 91, 92, 93 to 94 which are connected in series. 
Each series has 2K+1 delay elements here. 

An input signal of the respective delay element is fed in 
parallel to a multiplier 100 and 110, 101 and 111, 102 and 
112, 103 and 113, 104 and 114, respectively, upstream of the 
input of each of the 2K-1 delay elements 80, 81, 82, 83, 94 
and 90, 91, 92, 93, 94, respectively. In addition, the output 
signal of the last delay element 84 and 94, respectively, is 
fed to a multiplier 105 and 115, respectively. In this way, 
2K+2 multipliers - two multipliers per filter coefficient - 
are present, in each case two multipliers 100 and 101, 110 and 
111 to 104 and 105, 114 and 115, respectively, multiplying one 
sampled value - one of these delayed by a clock cycle - by the 
same coefficient c 0 to c K of the filter. 

The output signals of the multipliers 100 to 105 and 110 to 
115 are fed to a first adder 12 and 13, respectively. 

The first adder 12 is followed by a squaring element 14, in 
the signal flow direction. The second adder 13 is followed by 
a squaring element 15. The squaring elements 14 and 15 square 
the output signals of the adders 12 and 13, respectively. 
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The output signal of the squaring element 14 and the output 
signal of the squaring element 15 are fed to a second adder 
16, which outputs an output signal 3. 

5 The output signal 3 of the second adder 16, which corresponds 
to a sequence of filtered sampled values of the received 
signal, is then fed to an estimation circuit for determining 
the strongest signal per sequence. 

W> The output signal 3 has the following profile here: 

y(t) = r(t) * h(t) . 

m For the time variable t the following applies: t = 0, T S/ 2T S , 

m ... 



The strongest output signal occurs here during the delay time 
which is closest to the unknown delay time T d . In this way, the 
unknown delay time T d can easily be determined in the 
20 estimation circuit. 



Given knowledge of the unknown delay time T d/ the receive 
signal r(t) can be despread and processed for fine-tuning the 
demodulation frequency co d to the transmit signal frequency co 0 . 

25 

The despread signal e(t) has the following profile: 
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e(t) = r(t + T d )-c\t) 

= (c(t) ■ exp(j ■ (Act) -(t + T d ) + <p)) + n(t + T d ))- c (t) 
= \c(tf ■ exp(j • (A© • t + (p Q )) + n(t + T d ) ■ c (t) 
= \c(tf ■ exp(y • (AO) ■ t + p 0 )) + n\t) 

After the despread signal e(t) has been sampled with the 
sampling rate T s , the following sequence is obtained: 

e n = A n -expij-in-Aco-Ts +q> 0 )) + n' n 

If AO) = 27Cf • and T b = N T s are inserted, the following is 
obtained for the sequence : 

e n = A n -e^o •expU-2n-f'-T b ~) + n' n 
N 

This sequence can easily be further processed with algorithms 
for frequency correction in order to determine the frequency 
deviation f ' . 
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